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@ A method of and system for noise suppression. 



@ A method of and system for noise suppression 
of an audio signal {^0). An analogue audio signal 
(10) is sampled with an A/D converter (1) and the 
noise is suppressed from a sampled digital signal 
(11, 12) by subtracting the noise spectrum from the 
signal (11. 12) with a digital spectral filter (4) realiz- 



ing an inverted noise spectrum of the input signal 
(10) in substantially the entire frequency domain of 
the input signal (10). The noise suppressed digital 
output signal (16) is converted to a analogue noise 
suppressed speech signal (17) with an D/A converter 
(8). 
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This invention relates to a method of and sys- 
tem for noise suppression in an analogue audio 
signal. 

In an information channel, especially in tele- 
communication connections such as mobile tele- 
phone connections, there can be a significant level 
of noise. Noise can be caused both by the connec- 
tion itself and by noise surrounding the actual 
signal source, i.e. the speaker. For example the 
background noise in a car can be transmitted in a 
radio telephone signaJ as noise in the background 
of the speech signal. 

In audio communication systems, such as radio 
telephone systems, a purpose of acoustic noise 
suppression is to improve the quality of the audio 
signal by filtering the noise caused by the sur- 
rounding environment from the audio signal. Im- 
proving the quality of the audio signal by filtering 
the noise is especially important in an environment, 
where the background noise is unusually disturt>- 
ing. like nearby an airport, in a car or in a noisy 
factory. 

Several different methods can be used in sup- 
pressing interferences and noise. With a high pass 
filter placed before the telephone handset for ex- 
ample, the bw frequency noise can be suppressed. 
In the signal coming from the exchange to a mobile 
telephone the noise is in the same frequency do- 
main as the speech signal, so we are in a situation, 
in which the speech would be suppressed with the 
noise, if such a filter were used. 

When speaking in a car efforts have been 
made to eliminate the impact of the background 
noise by. for example, using another microphone. 
This other microphone is placed so that it receives 
only background noise which can then be reduced 
from the entire signal before the speech signal is 
transmitted by the radio telephone. With this meth- 
od only minor signal-to-noise ratio (SNR) improve- 
ments have been achieved, since the optimal posi- 
tioning of the microphone is difficult. 

Another prior art method for noise suppression 
is the so called spectral subtraction technique or 
spectral gain modification technique. This tech- 
nique is based on dividing an audio input signal 
into individual spectral bands by a bank of filters, 
such as a bank of bandpass or all-pass filters and 
attenuating the spectral bands according to their 
noise energy content. Examples of the use of spec- 
tral subtraction techniques have been presented in 
U.S. Patent No. 4,628.529 and In U.S. Patent Ap- 
plication US-A-349.160 (corresponds to patent Fl 
80.173). A noise suppression filter based on spec- 
tral subtraction technique produces an estimate of 
the spectral density of the power of the background 
noise, on the basis of which it determines a signal- 
to-noise ratio (SNR) for the speech in each chan- 
nel. This ratio is used in calculating amplification 



coefficients for each channel. Based on the am- 
plification coefficient an attenuation is determined 
separately for each channel, according to which the 
channels are attenuated and finally the channels 

5 are summed up to produce a noise suppressed 
output signal. 

In difficult conditions, when background noise 
is especially disturbing, performance limitations ap- 
pear in most noise suppression techniques and 

10 systems. Normally with systems based on spectral 
noise subtraction background noise can, in audio 
frequencies, be reduced by as much as 10 dB 
without seriously affecting the speech quality. How- 
ever, the speech quality degrades when the noise 

75 requires 20 dB suppression. Noise flutter appears 
in systems based on spectral noise subtraction 
since the individual channel gain parameters are 
continuously being updated as background noise 
changes. An additional problem in spectral subtrac- 

20 tion noise suppression systems is the attenuation 
of narrowband noise. High energy narrowband 
noise usually appears only in few channels and 
therefore it cannot be attenuated with systems at- 
tenuating the background noise. Since spectral 

25 noise suppression is based on dividing the fre- 
quency band into several narrow bands, channels, 
from which noise is suppressed and which are 
combined after attenuation to form an output signal, 
interference appears in band divisions and above 

30 mentioned noise flutter is generated to the band 
borders. 

According to a first aspect of the present in- 
vention there is provided a method of noise sup- 
pression in an analog audio signal, in which the 

35 analogue audio signal is sampled with an A/D con- 
verter, to produce a sannpled digital signal, char- 
acterized in that the noise is suppressed in the 
sampled digital signal by subtracting the noise 
spectrum from the signal with a digital spectral 

40 filter realizing an inverted noise spectrum of the 
input signal in substantially the entire frequency 
domain of the input signal. 

According to a second aspect of the present 
invention there is provided a system for noise 

45 suppression in an analogue audio signal, compris- 
ing an A/D converter for sampling the analogue 
audio signal to produce a sampled digital signal 
characterized in that the system comprises a digital 
spectral filter realizing an inverted noise spectrum 

50 of the input signal in substantially the entire fre- 
quency domain of the input signal for suppressing 
the noise from the sampled digital signal. 

An advantage of the present invention is the 
provision of a method of and system for noise 

55 suppression in high background noise environ- 
ments without significantly impairing the speech 
quality, and with which narrowband noise bursts 
can be eliminated, the appearance of noise fluc- 
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tuations and sudden background noise increases 
can be avoided. 

Noise may be suppressed fronn an audio signal 
with a spectral filter, the frequency band of which 
covers the audio frequencies, preferably the 
speech frequencies 500 Hz - 4 kHz. The filter 
accomplishes in the frequency domain of the input 
signal an inverted noise spectmm, which is es- 
timated when speech is not present. TTie frequency 
response of the filter is updated continuously. By 
updating the parameters of the spectral filter at 
controlled intervals and smoothing (averaging) 
them, the noise flutter can be eliminated at low 
frequencies. 

An embodiment of the present invention will 
now be described In more detail, by way of exam- 
ple, with reference to the accompanying drawing, 
which shows a system capable of utilizing the 
method of the present invention. 

The figure shows a noise suppression system 
in accordance with the present invention for sup- 
pressing background noise in high background 
noise environments without significantly impairing 
the speech quality. An analogue speech signal 10 
is first sampled with an A/D converter 1. The sam- 
pling frequency is determined by the frequency 
band of the input signal. The digitised samples 1 1 
produced by the A/D converter 1 are divided into 
frames in a segmentation block 2. where each 
frame has N samples and forms a speech frame, 
where N is a positive integer. The segmented sam- 
ples 12 produced as output are fed to a spectral 
analysis block 5, which calculates a group of coeffi- 
cients 14 for each frame. The coefficients 14 from 
the spectral analysis block 5 depend on the kind of 
analysis used. The spectral analysis can be ac- 
complished with a Fast Fourier Transformation 
(FFT) with a high number of coefficients or with a 
simple Linear Prediction CkKjing (LPC) analysis. 

The calculated coefficients 14 are fed into a 
coefficient calculation block 6, which calculates the 
coefficients of a spectral filter 4 on the basis of 
coefficients 14 received from the spectral analysis 
block 5. The coefficient calculation block 6 modi- 
fies the coefficients 14 received from the spectral 
analysis block 5 to a proper form for the spectral 
filter 4 i.e. forms the parameters of the spectral 
filter. 

The system comprises a noise activity detector 
3. which produces a binary digit 13 on the basis of 
the segmented samples 12 depending on whether 
the frame contains speech or background noise. 
The filter update decision logic and coefficient 
smoothing block 7 decides on the basis of the 
binary digit 13 received from the noise activity 
detector 3, whether it updates the filter parameters 
15 with the new coefficients calculated by the co- 
efficient calculation block 6 or not. The filter param- 



eters are updated for example only when the input 
signal 10 includes only noise. 

The updating of the filter parameters only when 
the input signal 10 includes only noise is one 

5 alternative. Then it is presumed that there are 
pauses in the speech, like in a normal phone 
conversation, and in addition it is presumed that 
the noise spectrum remains somewhat constant 
during a speech period, which is true when driving 

10 in a car at an even velocity. If the filter parameters 
are not updated during the speech, harmful effects 
due to the altering of the filter frequency response 
are naturally left out. In conditions where the noise 
spectrum alternates rapidly at the same time when 

75 it is desired to transmit speech, it is advantageous 
to update parameters also during the speech. 

Block 7 can thus change the adaptation of the 
F>arameters of the filter 4 with the help of the binary 
digit 13. Block 7 learns the noise spectrum for 

20 each transmission during a speech pause (and if 
desired attenuates the background noise substan- 
tially completely during a speech pause). The sep- 
aration of the speech spectrum and the noise spec- 
trum from each other is not entirely possible during 

25 speech, since block 5 estimates the speech and 
the noise spectrum together. Anyway block 7 
knows what the noise spectrum was right before 
the speech commenced. Stock 7 utilizes this in- 
formation and the infonmation of the combined 

30 spectrum of speech and noise outputted by blocks 
5 and 6 so that during a clearly formantic speech 
frame it attenuates the formantic areas less than 
the areas between the formants, taking however the 
basic format of the noise spectrum into consider- 

35 ation. 

Therefore the noise spectrum is properly 
weighted by the formantic spectrum and the pre- 
sumption then is that the level of the speech signal 
is considerably above the noise level (not consider- 

40 ing extremely noisy environments). If the speech 
frame is not formantic, but the spectrum is more 
even, the estimated noise spectrum is used di- 
rectly. However, the advantage in regard to the 
filter bank methods is that there are no separate 

45 signal bands, but the filtering is performed in the 
whole frequency band. 

Block 7 smooths (averages) the filter param- 
eters 15 as the background noise spectrum is 
alternating rapidly. By smoothing and controlling 

50 the updating speed of the parameters the low fre- 
quency noise flutter is eliminated. With block 7 the 
extent of the smoothing can be controlled. In con- 
ditions where the background spectrum alternates 
rapidly, the updating frequency of the spectral filter 

55 4 parameters 15 is kept low in order to avoid 
generation of noise flutter. 

The spectral filter parameters are fed to the 
spectral filter 4, which functions as an inverted 
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noise filter, that is, as a filter which has an inverted 
frequency response compared to the noise spec- 
trum, whereby the background noise spectrum can 
be effectively subtracted from the speech and 
noise spectrum of the input signal. The output 
signal 16 of the filter 4, a substantially noiseless 
speech spectrum, is converted to an analogue 
speech signal 17 with a D/A converter 8. 

With a method and system in accordance with 
the present invention the noise is filtered in the 
frequency domain and the filtration depth can be 
controlled. Therefore the frequency spectrum can 
be modified and such parts of the spectrum which 
do not have formantic energy can be filtered out. 
The spectral filter 4 of the noise suppression sys- 
tem can be realized with MR- or FIR-fi Iters or with a 
combinations of these, which can be realized with 
the help of a processor or processors. The realiza- 
tion of a digital filter is known as such to a person 
skilled in art, and therefore it is not presented in 
the context of this invention. According to the noise 
suppression requirements a filter meeting the nec- 
essary requirements can be realized. The accuracy 
of the noise filtration can be controlled with the 
spectral analysis block 5. the accuracy of which is 
affected by the analysis method used. 

With the present invention the band tjorder 
interferences are avoided since the entire frequen- 
cy band is filtered as a whole. Due to smooth 
spectral filtering the voice quality is better than in 
prior known methods. The realization of the inven- 
tion does not much increase the costs in digital 
phones, since in the method the speech spectrum 
used for noise suppression is acquired with linear 
predictive coding which is performed anyway and 
the noise spectrum is acquired with the noise activ- 
ity detector 3 and thus not a great amount of 
additional logic is needed for producing these 
spectrums. 

In view of the foregoing it will be clear to a 
person skilled in the art that modifications may be 
incorporated without departing from the scope of 
the present invention. 

Ctalms 

1. A method of noise suppression in an analog 
audio signal (10). in which the analogue audio 
signal (10) is sampled with an A/D converter 
(1). to produce a sampled digital signal 
(11,12), characterized in that the noise is sup- 
pressed in the sampled digital signal (11, 12) 
by subtracting the noise spectrum from the 
signal (11, 12) with a digital spectral filter (4) 
realizing an inverted noise spectrum of the 
input signal (10) in substantially the entire fre- 
quency domain of the input signal (10). 



2. A method as claimed in claim 1, wherein that 
before noise suppression the digitised samples 
(11) produced by the A/D converter (1) are 
divided into frames (12) containing N samples, 

5 where N is a positive integer. 

3. A method as claimed in claim 1 or 2, wherein 
a group of coefficients (14) is calculated from 
the samples (11, 12) using spectral analysis 

10 techniques, and on the basis of these coeffi- 

cients (14) parameters (15) for the spectral 
filter (4) are formed, on the basis of which 
parameters (15) the spectrum of the spectral 
filter (4) is determined. 

75 

4. A method as claimed in claim 3, wherein the 
spectral analysis is accomplished with Fast 
Fourier Transformation (FFT). 

20 5. A method as claimed in claim 3, wherein the 
spectral analysis is accomplished with Linear 
Prediction Coding (LPC) analysis. 

6. A method as claimed in any previous claim. 
25 wherein a determination is made as to whether 

the samples (11,12) contain speech or noise. 

7. A method as claimed in claim 6, wherein a 
decision is made on the basis of the deter- 

30 mination whether the filter parameters are up- 

dated with the new parameters. 

8. A method as claimed In claim 7, wherein the 
filter parameters are updated, when on the 

35 basts of the determination it is verified that the 

input signal (10) includes substantially only 
noise. 

9. A method as claimed in any of claims 1 to 5. 
40 wherein the filter (4) parameters are updated 

substantially continuously. 

10. A method as claimed in any previous claim, 
wherein the filter parameters are smoothed. 

46 when the noise spectrum is altemating rapidly. 

11. A system for noise suppression in an analogue 
audio signal, comprising an A/D converter (1) 
for sampling the analogue audio signal to pro- 

50 duce a sampled digital signal (11.12) char- 
acterized in that the system comprises a digital 
spectral filter (4) realizing an inverted noise 
spectrum of the input signal (10) in substan- 
tially the entire frequency domain of the input 

55 signal (10) for suppressing the noise from the 

sampled digital signal (11. 12). 
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12. A system as claimed in claim 11, wherein 
there are decision and smoothing means (7) 
for making a decision on updating the filter 
parameters (15) on the basis of binary digits . 
(13) received from a detector (3), for smooth- s 
ing the parameters (15) when the noise spec- 
trum is alternating rapidly and for transferring 

the parameters (15) to the filter (4). 

13. A system as claimed in claim 11 or claim 12, io 
comprising a Digital to Analogue converter to 
convert the digital noise suppressed output 
signal (16) into an analogue noise suppressed 
speech signal (17). 
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